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(57) ABSTRACT 

An apparatus and method of encoding an audio signal and an 
apparatus and method of decoding an audio signal. The 
audio decoding method includes: generating an audio signal 
by decoding an input signal, and transforming an original 
Waveform of the generated audio signal into a compensation 
Waveform that is compensated for an acoustic resonance 
effect in the audio signal. Therefore, an audio signal having 
excellent sound quality Without an ampli?ed middle band 
can be heard via earphones, headphones, or a phone earpiece 
by using an inverse compensation Waveform to compensate 
an ERP-DRP resonance effect, Which is an acoustic reso 
nance effect generated due to the structure of the human ear. 
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APPARATUS AND METHOD OF 
ENCODING/ DECODING AN AUDIO SIGNAL 

CROSS-REFERENCE TO RELATED 
APPLICATIONS 

[0001] This application claims priority from US. Provi 
sional Patent Application No. 60/576,617, ?led on Jun. 4, 
2004, and No. 60/578,862, ?led on Jun. 14, 2004, in the US. 
Patent and Trademark Of?ce, and Korean Patent Application 
No. 2004-43075, ?led on Jun. 11, 2004, in the Korean 
Intellectual Property Of?ce, the disclosures of Which are 
incorporated herein in their entirety by reference. 

BACKGROUND OF THE INVENTION 

[0002] 1. Field of the Invention 

[0003] The present general inventive concept relates to an 
apparatus and a method of encoding an audio signal and an 
apparatus and a method of decoding an audio signal. 

[0004] 2. Description of the Related Art 

[0005] FIG. 1 illustrates the structure of a human ear used 
to detect sound. 

[0006] Referring to FIG. 1, When an ear reference point 
(ERP) on an eXternal part of the human ear is sealed by 
earphones, headphones, a phone ear piece, etc. a sealed 
space is formed betWeen the ERP and a drum reference point 
(DRP) on a middle part of the human ear. Therefore, When 
the human ear detects an audio signal output from the audio 
device, a resonance effect increases sound pressure by more 
than 15 dB in a frequency region (around a 1~10 KHZ band) 
that corresponds to a resonance frequency of the sealed 
space. Due to this ERP-DRP resonance effect, even if high 
quality earphones, headphones, or phone ear pieces are used, 
there is a problem in that people hear an audio signal having 
a middle band that is largely ampli?ed. As a result, sound 
quality of the audio signal deteriorates. In particular, this 
problem is becoming more important as the use of ear 
phones, headphones, phone ear pieces, etc. increases along 
With the Widespread use of portable audio devices and 
cell-phones. 

SUMMARY OF THE INVENTION 

[0007] The present general inventive concept provides an 
apparatus and a method of decoding an audio signal to 
compensate for an ERP-DRP resonance effect in an audio 
decoding operation. 
[0008] The present general inventive concept also pro 
vides a computer readable medium having executable code 
to perform the audio decoding method. 

[0009] The present general inventive concept also pro 
vides an apparatus and a method of encoding an audio signal 
at a higher compression rate in an audio encoding operation 
by considering an ERP-DRP resonance effect. 

[0010] The present general inventive concept also pro 
vides a computer readable medium having executable code 
to perform the audio encoding method. 

[0011] Additional aspects of the present general inventive 
concept Will be set forth in part in the description Which 
folloWs and, in part, Will be obvious from the description, or 
may be learned by practice of the general inventive concept. 

Dec. 8, 2005 

[0012] The foregoing and/or other aspects of the present 
general inventive concept are achieved by providing an 
audio decoding method, comprising generating an audio 
signal by decoding an input signal, and transforming an 
original Waveform of the audio signal into a compensation 
Waveform that is compensated for an acoustic resonance 
effect. 

[0013] The foregoing and/or other aspects of the present 
general inventive concept are also achieved by providing an 
audio decoding apparatus, comprising a decoder to generate 
an audio signal by decoding an input signal, and a resonance 
compensator to transform an original Waveform of the audio 
signal generated by the decoder into a compensation Wave 
form that is compensated for an acoustic resonance effect. 

[0014] The foregoing and/or other aspects of the present 
general inventive concept are also achieved by providing a 
computer readable medium having eXecutable code to per 
form the audio decoding method. 

[0015] The foregoing and/or other aspects of the present 
general inventive concept are also achieved by providing an 
audio encoding method, comprising calculating a signal-to 
mask ratio (SMR) of each of a plurality of sub-band samples 
of an audio signal according to a masking threshold curve 
that is adjusted to account for an acoustic resonance effect, 
allocating bits to each of the sub-band samples according to 
the calculated signal-to-mask ratios, and quantiZing and 
encoding the sub-band samples in a range of the allocated 
bits. 

[0016] The foregoing and/or other aspects of the present 
general inventive concept are achieved by providing an 
audio encoding apparatus, comprising a psychoacoustic 
model unit to calculate a signal-to-mask ratio of each of a 
plurality of sub-band samples of an audio signal according 
to a masking threshold curve that is adjusted to account for 
an acoustic resonance effect, a bit allocator to allocate bits to 
each of the sub-band samples according to the calculated 
signal-to-mask ratios, and a quantiZing/encoding unit to 
quantiZe and encode the sub-band samples in a range of the 
allocated bits. 

[0017] The foregoing and/or other aspects of the present 
general inventive concept are also achieved by providing a 
computer readable medium having eXecutable code to per 
form the audio encoding method. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0018] These and/or other aspects and advantages of the 
present general inventive concept Will become apparent and 
more readily appreciated from the folloWing description of 
the embodiments, taken in conjunction With the accompa 
nying draWings of Which: 

[0019] FIG. 1 illustrates the structure of human ear used 
to detect sound; 

[0020] FIG. 2 is a graph illustrating a resonance Wave 
form betWeen an ear reference point (ERP) and a drum 
reference point (DRP) of the human ear; 

[0021] FIG. 3 is a graph illustrating a compensation 
Waveform obtained by inverting the resonance Waveform of 
FIG. 2; 

[0022] FIG. 4 is a graph illustrating a result obtained by 
applying the compensation Waveform of FIG. 3 to the 
resonance Waveform of FIG. 2; 
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[0023] FIG. 5 is a block diagram illustrating an audio 
decoding apparatus according to an embodiment of the 
present general inventive concept; 

[0024] FIG. 6 is a ?owchart illustrating a method of 
decoding an audio signal according to an embodiment of the 
present general inventive concept; 

[0025] FIG. 7 illustrates a comparison of an audio signal 
reproduced by the audio decoding apparatus of FIG. 5 and 
an audio signal reproduced by a conventional audio decod 
ing apparatus; 

[0026] FIG. 8 illustrates a masking effect used to consider 
a resonance effect betWeen the ERP and the DRP; 

[0027] FIG. 9 is a block diagram illustrating an audio 
encoding apparatus according to an embodiment of the 
present general inventive concept; and 

[0028] FIG. 10 is a ?oWchart illustrating an audio encod 
ing method according to an embodiment of the present 
general inventive concept. 

DETAILED DESCRIPTION OF THE 
PREFERRED EMBODIMENTS 

[0029] Reference Will noW be made in detail to the 
embodiments of the present general inventive concept, 
eXamples of Which are illustrated in the accompanying 
draWings, Wherein like reference numerals refer to the like 
elements throughout. The embodiments are described beloW 
in order to eXplain the present general inventive concept 
While referring to the ?gures. 

[0030] FIG. 2 is a graph illustrating a resonance Wave 
form betWeen an ear reference point (ERP) and a drum 
reference point (DRP) of a human ear. 

[0031] Referring to FIG. 2, a resonance Waveform having 
a sound pressure that is increased by more than 15 dB at 
around a 1~10 KHZ band due to a sealed space betWeen the 
ERP and the DRP is measured. The ERP-DRP resonance 
Waveform can be measured by inserting a probe microphone 
into an ear of a person or a dummy head. 

[0032] FIG. 3 is a graph illustrating a compensation 
Waveform obtained by inverting the resonance Waveform of 
FIG. 2. 

[0033] Referring to FIG. 3, the compensation Waveform is 
obtained by inverting the resonance Waveform illustrated in 
FIG. 2 With respect to a frequency ads. 

[0034] FIG. 4 is a graph illustrating a result obtained by 
applying the compensation Waveform of FIG. 3 to the 
resonance Waveform of FIG. 2. 

[0035] Referring to FIG. 4, When an earphone or head 
phone user hears an audio signal to Which the compensation 
Waveform of FIG. 3 has been applied, the user actually hears 
an audio signal having an original Waveform. Throughout 
the detailed description, the original Waveform of the audio 
signal is assumed to be a ?at Waveform for illustration 
purposes. HoWever, it should be understood that the original 
Waveform of the audio signal can have a variety of other 
shapes. 

[0036] Referring to FIGS. 2, 3, and 4, an audio decoding 
apparatus to compensate for the ERP-DRP resonance effect 
can be implemented by measuring a resonance Waveform 
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generated by the ERP-DRP resonance effect, calculating a 
compensation Waveform by inverting the measured reso 
nance Waveform, designing one or more digital ?lters, such 
as a ?nite impulse response (FIR) ?lter and/or an in?nite 
impulse response (IIR) ?lter, to apply the calculated com 
pensation Waveform to the measured resonance Waveform, 
and implementing the designed digital ?lters in the audio 
decoding apparatus. 

[0037] FIG. 5 is a block diagram illustrating an audio 
decoding apparatus according to an embodiment of the 
present general inventive concept. 

[0038] Referring to FIG. 5, the audio decoding apparatus 
includes a decoder 51, a ?rst resonance compensator 52, a 
?rst digital-to-analog converter (DAC) 53, a ?rst ampli?er 
54, a second resonance compensator 55, a second DAC 56, 
and a second ampli?er 57. 

[0039] The decoder 51 generates an audio signal by 
decoding an input signal. Typically, the input signal may be 
a bitstream transmitted from an MPEG audio encoding 
apparatus. 

[0040] The ?rst resonance compensator 52 transforms a 
Waveform of the audio signal generated by the decoder 51 
into a ?rst Waveform that is compensated for the ERP-DRP 
resonance effect. As illustrated in FIG. 3, the compensation 
Waveform used to compensate for the ERP-DRP resonance 
effect can be obtained by inverting the ERP-DRP resonance 
Waveform illustrated in FIG. 2. 

[0041] The ?rst resonance compensator 52 includes a ?rst 
resonance band eXtractor 521 and a ?rst Waveform trans 
former 522. The ?rst resonance band eXtractor 521 eXtracts 
a band that is affected by the ERP-DRP resonance effect to 
be compensated for the ERP-DRP resonance effect. That is, 
the ?rst resonance band eXtractor 521 may eXtract a band of 
around 1~10 KHZ from the audio signal. The ?rst Waveform 
transformer 522 transforms the band eXtracted by the ?rst 
resonance band eXtractor 521 into a compensation Wave 

form, Which (When the audio signal is ?at) can have the same 
shape as the compensation Waveform illustrated in FIG. 3. 
As described above, the ?rst resonance compensator 52 can 
be realiZed With one or more digital ?lters such as an FIR 
?lter and an IIR ?lter. 

[0042] The ?rst DAC 53 converts the digital audio signal 
that has been transformed into the compensation Waveform 
by the ?rst resonance compensator 52 into an analog audio 
signal. As described above, the audio signal input to the ?rst 
DAC 53 is a digital audio signal obtained by decoding the 
bitstream transmitted from the MPEG audio encoding appa 
ratus and can be converted into the analog audio signal in 
order to be reproduced. 

[0043] The ?rst ampli?er 54 outputs the analog audio 
signal converted by the ?rst DAC 53 to a speaker. The 
speaker may be a left speaker of an audio device that forms 
a sealed space betWeen the ERP and the DRP of the human 
ear, such as earphones, headphones, a phone ear piece, etc. 

[0044] The second resonance compensator 55, the second 
DAC 56, and the second ampli?er 57 perform the same 
functions as the ?rst resonance compensator 52, the ?rst 
DAC 53, and the ?rst ampli?er 54, respectively. Therefore, 
descriptions of the second resonance compensator 55, the 
second DAC 56, and the second ampli?er 57 Will not be 
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provided. However, While the ?rst resonance compensator 
52, the ?rst DAC 53, and the ?rst ampli?er 54 can process 
an audio signal output to the left speaker, the second 
resonance compensator 55, the second DAC 56, and the 
second ampli?er 57 can process an audio signal output to a 
right speaker. Therefore, the decoder 51 provides decoded 
data to be output to the left speaker to the ?rst resonance 
compensator 52 and decoded data to be output to the right 
speaker to the second resonance compensator 55. Although 
FIG. 5, illustrates that tWo channels (e.g., a left channel and 
a right channel) are processed and output by tWo corre 
sponding output devices (e.g., speakers), it should be under 
stood that the embodiments of the present general inventive 
concept may be used to process an audio signal for a single 
sound output device. For example, the embodiments of the 
present general inventive concept may be used to process 
sound for a phone ear piece. 

[0045] FIG. 6 is a ?oWchart illustrating a method of 
decoding an audio signal according to an embodiment of the 
present general inventive concept. 

[0046] Referring to FIG. 6, the audio decoding method 
includes operations 61 through 66. The audio decoding 
method illustrated in FIG. 6 includes a series of operations 
that may be executed by the audio decoding apparatus 
illustrated in FIG. 5. Alternatively, the method of FIG. 6 
may be implemented by other audio devices. 

[0047] In operation 61, an audio signal is generated by 
decoding an input signal. 

[0048] In operation 62, a band that is affected by the 
ERP-DRP resonance effect (i.e., subsequently transformed 
due to the ERP-DRP resonance effect) is extracted from the 
audio signal. 

[0049] In operation 63, the extracted band is transformed 
into a compensation Waveform, Which (When the audio 
signal is ?at) may have the same shape as the compensation 
Waveform illustrated in FIG. 3. Alternatively, When the 
audio signal is not ?at, the compensation Waveform can have 
different shapes. 

[0050] That is, in operations 62 and 63, a Waveform of the 
audio signal generated in operation 61 is transformed into 
the compensation Waveform that is subsequently trans 
formed due to the ERP-DRP resonance effect in the audio 
signal. Here, the compensation Waveform that is subse 
quently transformed due to the ERP-DRP resonance effect is 
a compensation Waveform obtained by inverting the ERP 
DRP resonance Waveform. Thus, the audio signal is com 
pensated for the ERP-DRP resonance effect prior to When 
the ERP-DRP resonance effect actually occurs in the audio 
signal. 

[0051] In operation 64, the digital audio signal having the 
compensation Waveform obtained in operation 63 is con 
verted into an analog audio signal. As described above, the 
digital audio signal having the compensation Waveform 
obtained in operation 63 may be a digital audio signal 
obtained by decoding a bitstream transmitted from an 
MPEG audio encoding apparatus and can be converted into 
the analog audio signal in order to be reproduced. Alterna 
tively, the digital audio signal can be obtained from a 
computer readable medium such as a sound ?le, a compact 
disc (CD), or a digital video disc (DVD). 
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[0052] In operations 65 and 66, the analog audio signal 
obtained in operation 64 and Which has been compensated 
for the ERP-DRP resonance effect is ampli?ed and output to 
a speaker. The ERP-DRP resonance effect then occurs When 
the analog audio signal is output by the speaker. Accord 
ingly, an original audio signal having an original Waveform 
is reproduced and can be detected by the human ear, since 
the ERP-DRP resonance effect transforms the compensation 
Waveform into the original Waveform of the original audio 
signal. 

[0053] FIG. 7 illustrates a comparison of an audio signal 
reproduced by the audio decoding apparatus of FIG. 5 and 
an audio signal reproduced by a conventional audio decod 
ing apparatus. Auser may detect the reproduced audio signal 
using, for example, an earphone, a headphone, or a phone 
earpiece. Other audio devices that can create a sealed space 
betWeen the ERP and the DRP of the human ear may also be 
used. 

[0054] Referring to FIG. 7, When the user hears an output 
audio signal that corresponds to an input audio signal 71 
having a ?at Waveform using a conventional audio decoding 
apparatus, the output audio signal actually detected by the 
user is a signal 72 having a Waveform With a middle band 
that is ampli?ed by about 15 dB. 

[0055] HoWever, When the user hears an output audio 
signal that corresponds to an input audio signal 73 having a 
?at Waveform using the audio decoding apparatus according 
to an embodiment of the present general inventive concept, 
an audio signal output from the audio decoding apparatus 
according to the embodiment of the present general inven 
tive concept is a signal 74 having a compensation Waveform. 
Therefore, the output audio signal actually detected by the 
user is a signal 75 having the same ?at Waveform as the input 
audio signal 73. Thus, the original Waveform of the input 
audio signal 73 can be obtained by pre-compensating the 
original Waveform of the audio signal for the ERP-DRP 
resonance effect using the compensation Waveform. 

[0056] Therefore, When embodiments of the present gen 
eral inventive concept are applied to portable audio devices, 
cell-phones, and personal digital assistants (PDAs), Which 
use earphones, headphones, phone ear pieces, etc. an output 
audio signal having an excellent sound quality Without an 
ampli?ed middle band can be heard. 

[0057] FIG. 8 illustrates a masking effect that occurs When 
considering the ERP-DRP resonance effect. 

[0058] Most lossy audio compression algorithms empha 
siZe a maximiZation of a level Where human subjective sense 
cannot distinguish an original audio signal from a com 
pressed audio signal When the original audio signal and the 
compressed audio signal are compared rather than a mini 
miZation of a mathematical error betWeen the original audio 
signal and the compressed audio signal. In terms of a 
detailed compression process, sound that cannot be heard by 
human ears is removed, and bits are only allocated to 
represent sound that a person can hear. For example, since 
human ears can rarely hear very high and very loW fre 
quency components, the very high and very loW frequency 
components can be excluded from the compression process. 
Additionally, a frequency component that is masked by a 
speci?c masking frequency based on the characteristics of 
human hearing can be encoded With loWer accuracy than 
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normal. The psychoacoustic model uses this masking effect 
according to interaction between the human ear and the 
brain. According to the psychoacoustic model, a maximum 
sound pressure of the frequency component that human ears 
cannot hear due to masking is called a masking threshold. 
Once the sound pressure of the frequency component 
eXceeds the masking threshold, the frequency component 
can be heard over the speci?c masking frequency. Since 
audio signals having sound pressure less than the masking 
threshold cannot be heard, these audio signals can be 
removed by an audio encoding process. 

[0059] Referring to FIG. 8, a middle band (i.e., an ERP 
DRP resonance band) of a masking threshold curve is 
ampli?ed by more than 15 dB due to the ERP-DRP reso 
nance effect. If the ERP-DRP resonance band is considered 
to be a masker band, even if neighboring bands of the 
masker band can be heard in a normal state (i.e., Without the 
ERP-resonance effect), the neighboring bands of the masker 
band cannot be heard since they are masked by the masker 
band. Therefore, a compression rate can be maXimiZed by 
adjusting the masking threshold curve to account for the 
ERP-DRP resonance effect on the psychoacoustic model 
used to compress sound data. 

[0060] FIG. 9 is a block diagram illustrating an audio 
encoding apparatus according to an embodiment of the 
present general inventive concept. 

[0061] Referring to FIG. 9, the audio encoding apparatus 
includes a ?lter bank 91, a psychoacoustic model unit 92, a 
bit allocator 93, a quantiZing/encoding unit 94, and a bit 
stream formatter 95. 

[0062] The ?lter bank 91 divides an audio signal into a 
plurality of sub-band samples. The audio signal input to the 
?lter bank 91 and the psychoacoustic model unit 92 is a 
pulse code modulation (PCM) audio signal. 

[0063] The psychoacoustic model unit 92 calculates a 
signal-to-mask ratio (SMR) of each of the sub-band samples 
of the audio signal according to a masking threshold curve 
that is adjusted to account for the ERP-DRP resonance 
effect. That is, the psychoacoustic model unit 92 calculates 
a signal-to-mask ratio of each of the sub-band samples of the 
audio signal considering an ERP-DRP resonance band hav 
ing masking thresholds that have been increased due to the 
ERP-DRP resonance effect. Since the masking thresholds 
are adjusted due to the ERP-DRP resonance effect, both 
spectrum masking theory and temporal masking theory can 
be applied. Here, the applied masking theories can include 
simultaneous masking, pre-masking, and post-masking, 
Which can be applied to conventional perceptual coding. 

[0064] The psychoacoustic model unit 92 includes an FFT 
(fast Fourier transform) unit 921, a resonance band calcu 
lator 922, and a high/loW band calculator 923. 

[0065] The FFT unit 921 calculates a spectrum Waveform 
by performing a fast Fourier transform of the audio signal. 

[0066] The resonance band calculator 922 calculates a 
band that is subsequently transformed due to the ERP-DRP 
resonance effect. The resonance band calculator 922 also 
calculates an SMR of the ERP-DRP resonance band. In 
particular, the resonance band calculator 922 calculates the 
SMR of the ERP-DRP resonance band by determining 
masking thresholds of the ERP-DRP resonance band and 

Dec. 8, 2005 

sound pressure levels of the sub-band samples from the 
spectrum Waveform calculated by the FFT unit 921. The 
resonance band calculator 922 then calculates differences 
betWeen the determined masking thresholds of the ERP 
DRP resonance band and sound pressure levels of the 
sub-band samples. Accordingly, the resonance band calcu 
lator 922 can determine a masking effect that the ERP-DRP 
resonance band provides on sub-band samples that surround 
the ERP-DRP resonance band. 

[0067] The high/loW band calculator 923 calculates SMRs 
of high/loW bands corresponding to bands other than the 
ERP-DRP resonance band (i.e., bands that surround the 
ERP-DRP resonance band). In particular, the high/loW band 
calculator 923 calculates the SMRs of the high/loW bands by 
determining masking thresholds of the high/loW bands and 
the sound pressure levels of the sub-band samples from the 
spectrum Waveform calculated by the FFT unit 921. The 
high/loW band calculator 923 then calculates differences 
betWeen the determined masking thresholds and the sound 
pressure levels of the sub-band samples. Accordingly, the 
high/loW band calculator 923 can determine a masking effect 
that masking bands, other than the ERP-DRP resonance 
band, provide on the sub-band samples. 

[0068] When the psychoacoustic model unit 92 is imple 
mented according to the ERP-DRP resonance band, the 
resonance band calculator 922 and the high/loW band cal 
culator 923 can be implemented as a single combined unit or 
as tWo separate units. 

[0069] The bit allocator 93 then allocates bits to each of 
the sub-band samples divided by the ?lter bank 91 according 
to the SMRs calculated by the psychoacoustic model unit 92. 

[0070] For eXample, With regard to the masking effect of 
the ERP-DRP resonance band, When a sub-band sample has 
a sound-pressure that is less than or equal to the correspond 
ing masking threshold of the ERP-DRP resonance band (i.e., 
a SNR that is less than or equal to 1), no bits need to be 
allocated to that sub-band sample, since the sub-band 
sample is inaudible due to the ERP-DRP resonance effect. 
LikeWise, When a sub-band sample having a sound pressure 
that eXceeds the corresponding masking threshold of the 
ERP-DRP resonance band (i.e., a SNR of greater than 1), 
bits are allocated to the sub-band sample, since the sub-band 
sample is audible regardless of the ERP-DRP resonance 
effect. In a similar manner, bits are either allocated or not 
allocated to sub-band samples according to the determina 
tion of the masking effect of other high/loW masking bands 
made by the high/loW band calculator 923. 

[0071] The quantiZing/encoding unit 94 quantiZes and 
encodes the sub-band samples in a range of the allocated 
bits. 

[0072] The bitstream formatter 95 formats the quantiZed 
and encoded sub-band samples to a bitstream by adding bit 
allocation information and additional information to the 
quantiZed and encoded sub-band samples. In general, the 
bitstream formatter 95 formats the quantiZed and encoded 
sub-band samples according to an MPEG standard. 

[0073] The bitstream output from the bitstream formatter 
95 is transmitted to the audio decoding apparatus. 

[0074] FIG. 10 is a ?oWchart illustrating a method of 
encoding an audio signal according to an embodiment of the 
present general inventive concept. 
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[0075] Referring to FIG. 10, the audio encoding method 
includes operations 101 through 107. The audio encoding 
method illustrated in FIG. 10 includes a series of operations 
that can be executed by the audio encoding apparatus 
illustrated in FIG. 9. Alternatively, the method of FIG. 10 
can be performed by other audio devices. 

[0076] In operation 101, an audio signal is divided into a 
plurality of sub-bands. 

[0077] In operation 102, a spectrum Waveform is calcu 
lated by performing a fast Fourier transform on the audio 
signal. 

[0078] In operation 103, an SMR of an ERP-DRP reso 
nance band is calculated. In particular, the SMR of the 
ERP-DRP resonance band is calculated by determining 
masking thresholds of the ERP-DRP resonance band and 
sound pressure levels of the sub-band samples from the 
spectrum Waveform calculated in operation 102, and calcu 
lating differences betWeen the determined masking thresh 
olds of the ERP-DRP resonance band and sound pressure 
levels of the sub-band samples. 

[0079] In operation 104, SMRs of high/loW bands corre 
sponding to bands other than the ERP-DRP resonance band 
(i.e., bands that surround the ERP-DRP resonance band) are 
calculated. In particular, the SMRs of the high/loW bands are 
calculated by determining masking thresholds of the high/ 
loW bands and sound pressure levels of the sub-band 
samples from the spectrum Waveform calculated in opera 
tion 102, and calculating differences betWeen the determined 
masking thresholds of the high/loW bands and sound pres 
sure levels of the sub-band samples. 

[0080] That is, in operations 103 and 104, the SMRs of the 
sub-band samples of the audio signal are calculated accord 
ing to the masking thresholds that are transformed due to the 
ERP-DRP resonance effect. 

[0081] In operation 105, bits are allocated to each of the 
sub-band samples divided in operation 101 according to the 
SMRs calculated in operations 103 and 104. 

[0082] In operation 106, the sub-band samples are quan 
tiZed and encoded in a range of the bits allocated in 
operation 105. 

[0083] In operation 107, the sub-band samples quantiZed 
and encoded in operation 106 are formatted into a bitstream 
by adding bit allocation information and additional infor 
mation to the quantized and encoded sub-band samples. 

[0084] The present general inventive concept may be 
embodied as executable code in computer readable media 
including storage media such as magnetic storage media 
(ROMs, RAMs, ?oppy disks, magnetic tapes, etc.), optically 
readable media (CD-ROMs, DVDs, etc.), and carrier Waves 
(transmission over the Internet). 

[0085] As described above, according to the embodiments 
of the present general inventive concept, an audio signal 
having excellent sound quality Without an ampli?ed middle 
band can be heard by a user With earphones, headphones, a 
phone earpiece, etc. by using a compensation Waveform to 
compensate for an ERP-DRP resonance effect, Which is an 
acoustic resonance effect that results from the structure of 
the human ear. In particular, the ERP-DRP resonance effect, 
Which has become an important problem With the Wide 
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spread use of portable audio devices, such as portable DVD 
players and MP3 players, and cell-phones, can be compen 
sated. 

[0086] Additionally, a compression rate can be largely 
improved by adding a function to encode bands that are 
masked by an ERP-DRP resonance band at a higher com 
pression rate than the other bands by considering masking 
thresholds that are transformed due to the ERP-DRP reso 
nance effect according to a psychoacoustic model used to 
encode high/loW bands that cannot be heard by people at a 
higher compression rate than the other bands. 

[0087] Although a feW embodiments of the present gen 
eral inventive concept have been shoWn and described, it 
Will be appreciated by those skilled in the art that changes 
may be made in these embodiments Without departing from 
the principles and spirit of the general inventive concept, the 
scope of Which is de?ned in the appended claims and their 
equivalents. 

What is claimed is: 
1. An audio decoding method, comprising: 

generating an audio signal by decoding an input signal; 
and 

transforming an original Waveform of the audio signal 
into a compensation Waveform that is compensated for 
an acoustic resonance effect. 

2. The audio decoding method of claim 1, Wherein the 
transforming of the original Waveform of the audio signal 
comprises pre-compensating the original Waveform of the 
audio signal prior to an occurrence of the acoustic resonance 
effect. 

3. The audio decoding method of claim 1, further com 
prising: 

outputting the compensation Waveform such that the 
compensation Waveform is converted to the original 
Waveform by the acoustic resonance effect. 

4. The audio decoding method of claim 1, Wherein the 
acoustic resonance effect comprises an ERP-DRP resonance 
effect generated betWeen an ear reference point (ERP) and a 
drum reference point (DRP). 

5. The audio decoding method of claim 1, Wherein the 
transforming of the original Waveform of the audio signal 
comprises obtaining the compensation Waveform by invert 
ing a resonance Waveform obtained due to the acoustic 
resonance effect. 

6. The audio decoding method of claim 5, Wherein the 
resonance Waveform is obtained experimentally using a 
dummy head. 

7. The audio decoding method of claim 1, Wherein the 
transforming of the original Waveform comprises: 

extracting a band from the audio signal that is subse 
quently transformed due to the acoustic resonance 
effect; and 

transforming the extracted band into the compensation 
Waveform. 

8. The audio decoding method of claim 1, Wherein the 
audio signal is a digital audio signal, and the method further 
comprises: 

converting the digital audio signal having the compensa 
tion Waveform into an analog audio signal. 
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9. A method of compensating for an acoustic resonance 
effect in an audio signal, the method comprising: 

determining a resonance Waveform caused by the acoustic 
resonance effect; 

calculating a compensation Waveform by determining an 
inverse of the resonance Waveform; 

applying the compensation Waveform to the audio signal; 
and 

outputting the audio signal having the compensation 
Waveform applied thereto. 

10. The method of claim 9, Wherein the applying of the 
compensation Waveform to the audio signal comprises: 

extracting a frequency band that is affected by the acoustic 
resonance effect; and 

transforming the extracted frequency band to the com 
pensation Waveform. 

11. The method of claim 9, Wherein: 

the applying of the compensation Waveform comprises 
transforming an original Waveform of the audio signal 
into the compensation Waveform; and 

the outputting of the audio signal comprises creating the 
acoustic resonance effect to transform the compensa 
tion Waveform back into the original Waveform. 

12. The method of claim 9, further comprising: 

receiving the audio signal from a decoder, the audio signal 
including a left channel signal and a right channel 
signal. 

13. The method of claim 12, Wherein: 

the determining of the resonance Waveform comprises 
determining a ?rst resonance Waveform caused by the 
acoustic resonance effect in a left user ear and deter 

mining a second resonance Waveform caused by the 
acoustic resonance effect in a right user ear; 

the calculating of the compensation Waveform comprises 
calculating a ?rst compensation Waveform by deter 
mining an inverse of the ?rst resonance Waveform and 
calculating a second compensation Waveform by deter 
mining an inverse of the second resonance Waveform; 
and 

the applying of the compensation Waveform to the audio 
signals comprises applying the ?rst and second com 
pensation Waveforms to the left and right channel 
signals, respectively. 

14. An audio decoding apparatus, comprising: 

a decoder to generate an audio signal by decoding an input 
signal; and 

a resonance compensator to transform an original Wave 
form of the audio signal generated by the decoder into 
a compensation Waveform that is compensated for an 
acoustic resonance effect. 

15. The audio decoding apparatus of claim 14, Wherein 
the resonance compensator pre-compensates the original 
Waveform of the audio signal prior to an occurrence of the 
acoustic resonance effect. 

16. The audio decoding apparatus of claim 14, further 
comprising: 
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a speaker to output the compensation Waveform such that 
the compensation Waveform is converted to the original 
Waveform by the acoustic resonance effect. 

17. The audio decoding apparatus of claim 16, Wherein 
the speaker forms a sealed space With a user ear and outputs 
the compensation Waveform such that the compensation 
Waveform resonates in the sealed space. 

18. The audio decoding apparatus of claim 16, Wherein 
the speaker comprises one of headphones, earphones, and a 
phone ear piece. 

19. The audio decoding apparatus of claim 14, Wherein 
the acoustic resonance effect comprises an ERP-DRP reso 
nance effect generated betWeen an ear reference point (ERP) 
and a drum reference point (DRP). 

20. The audio decoding apparatus of claim 14, Wherein 
the compensation Waveform is obtained by inverting a 
resonance Waveform obtained due to the acoustic resonance 
effect. 

21. The audio decoding apparatus of claim 14, Wherein 
the resonance compensator comprises: 

a resonance band extractor to extract a band from the 
audio signal that is subsequently transformed due to the 
acoustic resonance effect; and 

a Waveform transformer to transform the extracted band 
into the compensation Waveform. 

22. An apparatus to compensate for an acoustic resonance 
effect in an audio signal, comprising: 

a decoder to receive an audio signal and decode the 
received audio signal; 

at least one Waveform transformer to apply a compensa 
tion Waveform to the audio signal; and 

at least one speaker unit to output the audio signal having 
the compensation Waveform applied thereto, Wherein 
the compensation Waveform comprises an inverse of a 
resonance Waveform caused by the acoustic resonance 
effect. 

23. Acomputer readable medium having executable code 
thereon to perform an audio decoding method, the medium 
comprising: 

a ?rst executable code to generate an audio signal by 
decoding an input signal; and 

a second executable code to transform an original Wave 
form of the audio signal into a compensation Waveform 
that is compensated for an acoustic resonance effect. 

24. An audio encoding method, comprising: 

calculating a signal-to-mask ratio (SMR) of each of a 
plurality of sub-band samples of an audio signal 
according to a masking threshold curve that is adjusted 
to account for an acoustic resonance effect; 

allocating bits to each of the sub-band samples according 
to the calculated signal-to-mask ratios; and 

quantiZing and encoding the sub-band samples in a range 
of the allocated bits. 

25. The audio encoding method of claim 24, Wherein the 
acoustic resonance effect comprises an ERP-DRP resonance 
effect generated betWeen an ear reference point (ERP) and a 
drum reference point (DRP). 
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26. The audio encoding method of claim 24, wherein the 
calculating of the SMR of each of the plurality of sub-band 
samples of the audio signal comprises: 

calculating the signal-to-mask ratio of each of the sub 
band samples of the audio signal according to an 
ERP-DRP resonance band having masking thresholds 
that are increased due to an ERP-DRP resonance effect. 

27. The audio encoding method of claim 24, Wherein the 
calculating of the SMR of each of the plurality of sub-band 
samples of the audio signal comprises: 

calculating the SMRs by: 

determining masking thresholds that are subsequently 
transformed due to the acoustic resonance effect, 

determining corresponding sound pressure levels of the 
sub-band samples from a Waveform of the audio 
signal, and 

calculating differences betWeen the determined mask 
ing thresholds and the determined corresponding 
sound pressure levels. 

28. The audio encoding method of claim 24, Wherein the 
calculating of the SMR of each of the plurality of sub-band 
samples of the audio signal comprises: 

calculating SMRs of a resonance band corresponding to a 
band that is subsequently transformed due to the acous 
tic resonance effect; and 

calculating SMRs of high and loW bands corresponding to 
bands other than the resonance band. 

29. Amethod of increasing a compression rate in an audio 
encoding apparatus, the method comprising: 

determining an acoustic resonance band that is ampli?ed 
by an acoustic resonance effect When reproducing an 
audio signal having a plurality of sub-bands; 

determining Whether any of the plurality of sub-bands in 
the audio signal are masked by the acoustic resonance 
band; and 

encoding the audio signal With a ?rst amount of bits 
allocated for signal information of sub-bands that are 
not masked by the acoustic resonance band and a 
second amount of bits allocated for signal information 
of sub-bands that are masked by the acoustic resonance 
band. 

30. The method of claim 29, Wherein the ?rst amount of 
bits is greater than the second amount of bits. 

31. The method of claim 30, Wherein the determining of 
the acoustic resonance band comprises adjusting a prede 
termined masking threshold curve around the acoustic reso 
nance band to compensate for the acoustic resonance effect. 

32. The method of claim 31, Wherein the determining of 
Whether any of the plurality of sub-bands in the audio signal 
are masked comprises comparing signal levels of each of the 
plurality of sub-bands With corresponding masking thresh 
olds from the adjusted masking threshold curve to determine 
Whether the signal information of each of the plurality of 
sub-bands is audible With the acoustic resonance effect. 

33. The method of claim 29, Wherein the acoustic reso 
nance band is around 1 to 10 KHZ, and the acoustic 
resonance effect is caused When a sealed space is formed in 
at least one user ear by at least one speaker. 
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34. An audio encoding apparatus, comprising: 

a psychoacoustic model unit to calculate a signal-to-mask 
ratio of each of a plurality of sub-band samples of an 
audio signal according to a masking threshold curve 
that is adjusted to account for an acoustic resonance 

effect; 

a bit allocator to allocate bits to each of the sub-band 
samples according to the calculated signal-to-mask 
ratios; and 

a quantiZing/encoding unit to quantiZe and encode the 
sub-band samples in a range of the allocated bits. 

35. The audio encoding apparatus of claim 34, Wherein 
the acoustic resonance effect comprises an ERP-DRP reso 
nance effect generated betWeen an ear reference point (ERP) 
and a drum reference point (DRP). 

36. The audio encoding apparatus of claim 34, Wherein 
the psychoacoustic model unit calculates a signal-to-mask 
ratio of each of the sub-band samples of the audio signal 
according to an ERP-DRP resonance band having masking 
thresholds that are increased due to an ERP-DRP resonance 
effect. 

37. The audio encoding apparatus of claim 36, Wherein 
the psychoacoustic model unit comprises: 

a resonance band calculator to calculate SMRs of a 

resonance band corresponding to a band that is subse 
quently transformed due to the acoustic resonance 
effect; and 

a high/loW band calculator to calculate SMRs of high and 
loW bands corresponding to bands other than the reso 
nance band. 

38. An encoding apparatus to increase a compression rate 
of audio signal information, comprising: 

a resonance band calculator to determine an acoustic 

resonance band that is ampli?ed by an acoustic reso 
nance effect When reproducing an audio signal having 
a plurality of sub-bands and to determine Whether any 
of the plurality of sub-bands in the audio signal are 
masked by the acoustic resonance band; and 

a bit allocation unit to allocate bits for signal information 
of sub-bands that are not masked by the acoustic 
resonance band and to allocate no bits for signal 
information of sub-bands that are masked by the acous 
tic resonance band. 

39. The encoding apparatus of claim 38, Wherein the 
resonance band calculator adjusts a predetermined masking 
threshold curve to compensate for the acoustic resonance 
effect. 

40. The encoding apparatus of claim 39, Wherein the 
resonance band calculator compares signal levels of each of 
the plurality of sub-bands With corresponding masking 
thresholds from the adjusted masking threshold curve to 
determine Whether the signal information of each of the 
plurality of sub-bands is audible With the acoustic resonance 
effect. 

41. The encoding apparatus of claim 38, further compris 
mg: 

a quantiZing/encoding unit to encode the signal informa 
tion of the plurality of sub-bands according to the bits 
allocated by the bit allocation unit. 
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42. The encoding apparatus of claim 38, wherein the 
resonance band is around 1 to 10 KHZ, and the acoustic 
resonance effect is caused When a sealed space is formed in 
at least one user ear by at least one speaker. 

43. The encoding apparatus of claim 38, further compris 
ing: 

a high/loW band calculator to determine Whether any of 
the plurality of sub-bands in the audio signal are 
masked by other frequency bands of the audio signal 
and to provide the determination to the bit allocation 
unit. 

44. A computer readable medium having executable code 
thereon to perform an audio encoding method, the medium 
comprising: 
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a ?rst executable code to calculate an SMR of each of a 

plurality of sub-band samples of an audio signal 
according to a masking threshold curve that that is 
adjusted to account for an acoustic resonance effect; 

a second executable code to allocate bits to each of the 
sub-band samples according to the calculated signal 
to-mask ratios; and 

a third executable code to quantiZe and encode the sub 
band samples in a range of the allocated bits. 


